Abstract
Introduction
In recent years, acoustic analysis has become an important aspect of machine design and also of the evaluation of existing facilities, workshops or crowded community areas affected by noise. The goal of such an analysis is to seek possibilities for reducing the effect of noise on humans, which is enforced by new regulations or by the requirement of higher comfort levels [1, 2] . Almost always the most economical way to reduce the noise radiation is the decrease the strength of the noise sources. The identification of the strongest sound sources is a key problem to be solved for obtaining quieter machines. In analyzing existing facilities the identification procedure can be aided by phased array microphones [3] .
In industrial environments the noise is often caused by a ventilation system, composed the high speed turbulent flow generated noise and mechanical originated noise, such as the vibrating elements of the machine [4] . Beamforming techniques provide a unique means for i) the identification of dominant noise sources, ii) making a distinction between rotor-originated noise and other noise components [5] . These features help to extend the possibilities of the presently used measuring instrumentation for use in the acoustic diagnostics of machines.
In an acoustic diagnostics measurement the beamforming method should be able to identify the most important source mechanisms quickly, without significant modification of the original industrial apparatus. The laboratory modeling of an industrial environment is usually difficult or not possible at all, due to the insufficient information regarding the source strength and directivity. Because of the coexistence of many sources, acoustic measurements with a single microphone do not allow the precise characterization of the directivity and source strength of the sources, and therefore at far-field locations the dominant acoustic sources cannot be easily identified. In these cases the phased array microphone system could have an important diagnostic use.
Turbomachine beamforming measurements found in the literature are usually laboratory tests. In reference [6] tonal noise components of a turbofan engine were investigated and it was found that installation effects of the inflow control device alter the results, showing that the measurement set-up of full scale measurements can lead to the necessity of careful interpretation of the results.
Ducted fan measurements to retrieve the rotating broadband sources of the rotor using an inversion technique are presented in [7] . The method is an extension of the identification of stationary in duct monopoles by utilizing the duct modes presented in [8] . Wall mounted microphones are used, and it was found that accurate measurements require an array to be closer than 0.1 wavelengths to the rotor. Therefore the method requires access to and preparation of the duct close to the rotor.
Measurements of turbofans are presented in [9] . It was found that by using conventional and rotating source beamforming techniques, it is possible to identify noise sources on the rotating blades as well as on the outlet guide vane. For axisymmetric problems a circular harmonics beamforming technique is proposed in [10] , which can easily be extended to rotating sources, giving an alternative to [5, 9] . The method requires a circular microphone array mounted into the duct wall.
The mentioned examples are common, in the sense that turbomachines were measured, but in a laboratory environment. These laboratory tests presented the feasibility of fan noise investigations using beamforming techniques and also discussed some important implementation issues. None of the tests show the feasibility of measurements in a complex measurement environment such as an industrial environment. It is anticipated that the out of laboratory measurement with microphone arrays does not have a well-established methodology, as of yet.
On-site measurements usually have special circumstances, which should be accounted for the duration of the measurement. These can be the high level background noise or the constraints on the location of the microphone array imposed by the available space, the acoustic transparency between the rotor and the array and the high level of hydrodynamic noise over the microphone array. Even with the use of robust beamforming methods these circumstances can prohibit the interpretation of the results.
In this study, a general purpose phased array microphone system is used for the beamforming of rotating and non-rotating sources of an axial fan operating in confined industrial environment. This is a representative configuration for induced-flow industrial or building ventilation systems, in which the noise can propagate in the suction duct. As an inevitable compromise in instrumentation of the ad hoc on-site measurement, the microphone array has been set up in the duct. The case study has been designed to survey the limits and required improvements necessary for applying beamforming technique in real-life industrial fan application. Source maps will be presented and analyzed, considering the issues related to the processing techniques, and giving an application oriented view of the problems that one would face in similar industrial measurement situations.
Beamforming
Phased array microphone systems operate on the basis of the beamforming methodology [11] , where the phase difference between the signals of multiple microphones is utilized to estimate the direction of arrival of the wave front. The concept is illustrated in Fig. 1 for plane wave direction identification using a linear microphone array. By adjusting the phase shift (time delays) of the microphones signals relative to each other, a maximum correlation between them can be obtained. The corresponding phase shifts (time delays) are representative of the direction Θ (Fig. 1) of the incident wave. This beamforming method is called the Delay & Sum (DS) method [3] . The method can be considered as forming a sensitivity curve, called mainlobe that can be directed toward the source by phase (time delay) adjustments. Plane waves, monopoles or higher order acoustic sources can be localized by accounting for their source character in the calculation of the microphones phase shifts. Possible source positions can be defined providing focus points for the beamforming methodology. Beamforming maps display the strength of the model sources.
In the present paper, two types of beamforming algorithm are used. One method is the presented DS. The other is an extension of the DS method for rotating source models called Rotating Source Identifier (ROSI) [5] . Both methods are assuming monopole point sources at the focus points, radiating spherical waves into the free space.
The methods use the cross-spectral matrix of the microphone signals to represent the phase and amplitude of the measured acoustic signals. The cross-spectral matrix, C, is created by an averaging procedure, for a given circular frequency ω and all microphone combinations. The measured discrete timedata of the microphones are divided into equal segments, and Fourier transforms are computed. Then the averaged cross spectral matrix is computed from signals y v m (ω) which is the v th section of Fourier transformed signal for microphone m. The cross spectral matrix component m, n can be written as:
If the number of microphones are denoted by M then m =1...M, n =1...M. the complex conjugate transpose is denoted by †. The averaging of the V segments of data helps to decrease the contribution of the uncorrelated random noise when m n. On the other hand the averaging of the cross-spectral matrix elements does not decrease the effect of the uncorrelated noise of the auto spectrum (when m = n) [3] . This has an important implication concerning the beamforming of noisy signals, and leads to the concept of the diagonal removal algorithm (DR), where the auto spectral components of C are removed, in order to increase the dynamic range of the beamforming map [5] . The effect of the diagonal removal method depends on the measured data itself. In some cases it results in non-physical source strengths [8] . The removal of the diagonal significantly decreases the level of the source map when the acoustics sources to be measured are weak compared to the spatially uncorrelated noise sources. At very high background noise levels, it was found in [14] that the DR method is not effective in reducing the beamforming error. In extreme cases, if there is no measurable correlation between the microphone signals, the source strengths of the beamforming, the output with DR algorithm will be zero and a uniform constant value across the source map without DR method. Therefore the difference of sound amplitudes on the beamforming map without or with the diagonal removal reflects the level of the uncorrelated data in C. If the difference is high there is a chance that small level acoustic sources are lost due to high incoherent noise at the frequency of interest. An important aspect of the source maps is the existence of the ghost sources or sidelobes due to the finite number of microphones and finite size of the array [12] . These sidelobes are local correlation peaks on the source maps at positions where no physical sources exist. Their characteristics are related to the array geometry and processing algorithms. From a practical point of view these sidelobes always exist to a certain extent, and make it difficult to interpret the source maps. Previous investigations of the applied array in an anechoic chamber showed that the sidelobe levels are about 6-7 dB below the maximum source amplitude. Therefore in this paper we plot the beamforming maps to represent maximum range of 5 dB in order to exclude the sidelobes of the highest peak.
The beamforming algorithm has a limited capability to distinguish the individual sound sources spatially. This resolution limit of the used algorithm can be theoretically estimated. The resolution d is defined as the mainlobe width at the -3dB point. This limit can be estimated in the same way as the diffraction limit of finite aperture imaging systems [11] .
where c is the speed of sound D is the diameter of the array, Z is the distance of the source from the array and f = ω/2π is the frequency of interest The other method used in this paper is the ROSI method. It corrects the time differences and amplitudes between the model source point and the receiver by accounting for the position and velocity of the sources. The correction procedure is the following. If the time series data of microphone m is denoted byŷ m (t m ) then the source signalσ s (t) can be computed aŝ
where
The position vector of the model monopole source s is x s . The velocity vector of the source is x' s (t), and the dot denotes a scalar product. The time t m of the microphone signal m can be computed as:
In order to have the same uniform time discretization of the computed source signalσ s (t)for each microphone m, the signals have to be interpolated. These corrected source signals are used to compute the cross-spectral matrix of the array and the DS method (already having delayed signals for position s) is applied. The previously mentioned diagonal removal algorithm can also be used in the ROSI algorithm in the same manner described above. As the computation needs the source position as a function of time, a movement tracking signal indicating the shaft position has to be also has to be recorded, and the source positions computed accordingly. The required computational resources for this implementation of the ROSI method are significantly higher compared to the DS beamforming method. The time for calculating the strength of the same number of model points is about two orders of magnitude higher when the ROSI algorithm is used. For a more detailed description of the ROSI method consult reference [5] . 
The measurement setup
The measurement was made in the low-speed wind-tunnel of the Hungarian Institute of Agricultural Engineering of Gödöllő. The environment can be described as an industrial environment, not ideal for acoustic measurements (Fig. 3) . A schematic picture of the tunnel and the measurement setup can be seen on Fig. 3 . The fan (Fig. 2 ) was designed at the Department of Fluid Mechanics (DFM). The rotor blades are forward skewed and designed according to the controlled vortex design method. The fan is belt driven by an electric motor equipped with a frequency inverter. Downstream of the rotor there is a stator section and in front of the rotor a half-spherical nose cone is mounted on three supports. An adjustable plane diffuser, located at the outlet of the tunnel, can be used in order to set the operating point. The windtunnel has a rectangular cross-section and before the fan there is a transition element from rectangular to circular. The important data of the fan can be seen in Tab. 1 and an aerodynamic description of the fan can be found in reference [15] . The phased array measurements were performed with the general purpose Optinav Inc., Array 24 phased array system. DFM is in possession of the array. The microphones of the array arranged along a logarithmic spiral curve on the surface of an octagonal aluminum plate. The array was designed to have a high rejection of sidelobes in the widest possible frequency range. The microphone positions are guaranteed by precise manufacturing of the aluminum plate. During the measurement of the rotor noise, the first microphone channel was used to synchronously acquire the index signal emitted by an optical encoder at every rotor revolution. This signal was required for synchronization of the acoustic model with the rotor position when the ROSI algorithm was used. In this way, 23 microphones of the array were used to obtain the acoustic data. Tab. 1 also includes the data of the array.
The array was placed in the wind tunnel, upstream of the door of the measurement section. The placement was highly constrained by the points available for fixing the array to the tunnel wall as well as by the flow conditions. The array distance from the rotor was five times the diameter of the array, to compromise between a good resolution and the disturbing effect of the array separation bubble on the rotor flow. For this same reason the bypass doors on the sidewalls were also opened as well. (The doors are marked with green on Fig. 3 , and can be seen in a closed position in Fig. 2 The plane of the array was adjusted approximately parallel to the plane of the rotor.
Since the array is in the flow, hydrodynamic pressure fluctuations have an important effect on the microphone signals. In order to reduce this effect, memory foam was mounted on the array surface, which can decrease the direct hydrodynamic pressure fluctuations, on the microphones [16] . The damping effect of the foam on the acoustic fluctuations was measured for frequency bands with bandwidth of 86 Hz and interpolated for each frequency in order to compensate the results.
The design operating conditions were set with the help of the plane diffuser. The measurement was made at two different rotational speeds. In Tab. 2 can be found the information about the measurement setups.
The measurement aimed at identifying the dominant noise sources in the measurement section of the wind tunnel. The fan rotor was expected to emit the most significant noise because this element delivers the momentum to the flow. Besides this, further noise sources such as vibrating tunnel sidewalls were expected. The separation of these sources is attempted herein by using various beamforming techniques. 
Tab. 1. Data of the fan and array

Array calibration and uncertainty
The beamforming maps are normalized in such a way that the maximum of the source corresponds to the sound pressure level which would be observed at the position of the array, if only that particular source existed.
The array system was previously calibrated in the George von Békésy Acoustic Research Laboratory, operated by DFM. This amplitude calibration was done by measuring a point source with the array and comparing the spectrum of the peak on the beamforming map with the spectrum of a reference microphone placed at the center of the array [12] . The array was removed when the reference microphone spectrum was measured. The signal to noise ratio during the calibration was higher than 10 in the investigated frequency range. The uncertainty of the reference microphone calibration was 0.3 dB given by the manufacturer of the microphone calibrator. The calibration of the array was repeated three times, but the array and reference microphone position was not changed. The calibration factors were within 0.1 dB of the mean in each one-third octave band. It was found that the acoustic levels of the beamforming map have some angular dependence, meaning that the measured sound pressure level of the same source varies, depending on its location on the beamforming map. The used calibration factors cannot account for this angular dependence, therefore this is included as an additional uncertainty of the source levels. It is estimated that this uncertainty is 0.1 dB in the 15
• C half cone angle form the array axis. The estimated uncertainties of the beamforming maps are calculated for a worst case situation by adding together the above bounds giving 0.5 dB uncertainty. The reference microphone calibration uncertainty and the uncertainty related to the repeatability shift the levels of the source maps. It is also known that the source coherence and negative sidelobes can affect the measured source amplitude values [17] . Which means that the absolute levels of the source map amplitudes can have higher uncertainties, and are not to be used for the evaluation of the machine. On the other hand these uncertainties do not affect the comparability of the sources on the same source map, only the uncertainty from the angle dependence of the source amplitude affects this comparison. It is important that for reliable measurements it is required to have an acceptable level of dynamic range of the source map. This dynamic range of the source maps is related to the sidelobes of the beamforming method. The sidelobes are the ghost sources of the original source generated by the aliasing effect, and can be visible on the source maps. These ghost sources do not represent any physical sound source, but they are an artifact of the beamforming. It is often attempted to lower the level of the sidelobes as much as possible by array design and modified processing methods.
The distinction of the sidelobes and the true sources can be hard to see whenever many physical sources co-exist on the beamforming map. One guiding idea in such cases is to determine the sidelobe levels in response to one measured source. The ratio of the mainlobe (true source) level to the maximum sidelobe level is the mainlobe to sidelobe ratio (MSR) of the array. The MSR value of the array is frequency dependent and in case of the used array the manufacturer suggests to use 5-7dB dynamic range. In order to safely suppress the sidelobes in this study the dynamic range is chosen to be 5dB. Even if such general rules exist for dealing with sidelobes [12] , the given measurement data always needs to be carefully examined and interpreted, which makes the use of the phased array data non-trivial. It will be seen in the next sections that beamforming maps of noisy microphone signals can lead to a dB range of only few dB on the source plots and the use of the DR algorithm, or other source models, such as ROSI, is promoted in order to be able to describe acoustic sources in a combined evaluation approach of several beamforming maps.
The ROSI algorithm requires the specification of the center of rotation of the model sources. The accuracy of the definition of this center can influence the results. The measurement of this center position is based on the picture recorded from the array. While the calibration of the camera picture with the source location is obtained in the anechoic chamber, the determination of the alignment of the array with other parts of the measurement set-up can be difficult. In the presented case, the center of the nose cone can be identified on the picture and this point is assigned as the center of rotation. However, the rotor center point is behind the nose cone by approximately 1.5 m. If the array center line is not perfectly aligned with the rotor axis, the center of the nose can be at a slightly different position in the picture than the real center of the rotor (i.e. the perspective of the photo causes some inaccuracy). An estimated upper limit for such an error in the present configuration is approximately 0.1 m. Previous numerical simulations showed that this level of error slightly blurs the source map, but individual sources can still be identified. The measurement source levels are also changed by the misalignment of the center. The numerical simulation showed that a 0.1m error in the center position causes -0.5 dB change in the absolute level of the source map. This also causes 0.3 dB difference between the source amplitudes those would be at equal level without the center position error. This level of errors considered to be small if the dynamic ranges of the maps are the suggested 5 dB. Consequently, the reduction of this uncertainty was not considered necessary.
Concerning the implementations of our in-house DS and ROSI algorithms they should give the same result when the rotation speed of the sources is set to zero and also the rotation speed set to zero in the ROSI algorithm. The mathematical formulation of the ROSI algorithm then gives the same result as the DS and this has to be reflected by the implemented program code as well. This is verified and it is found that the two methods gives the same results, the maximum and the range of the scales of the source maps are different only by a fraction of a decibel, which is due to the different processing methodologies of the algorithms. The implementation of the methods is therefore consistent.
Results
Spectral Analysis
Prior to the analysis of the beamforming maps the auto spectra of the microphones are first investigated. The averaged Sound Pressure Level Spectrum L of the 23 array microphones is used for this investigation For the characterization of the effect of averaging time on the auto spectra, the standard deviation is used. It is important to note that by increasing the averaging interval, the main levels of the spectra do not change significantly. The standard deviation of the difference between these successive spectra can be used to define a minimum averaging length. This standard deviation is presented in Tab. 1. Averaging across a frequency range is denoted by . . . . When the averaging time is higher than 10 s, the change of the standard deviation is weak between successive steps. Therefore, for the auto spectra, T a = 10 s (corresponding to 46 rotor revolutions at 277 rpm) is recommended as the minimum sampling time for the computation of the spectra.
With regard to the beamforming procedure, it is more important to investigate the beamforming spectra that contain the cross spectral components of C. The beamforming spectrum L' is the spectrum of the highest peak on the beamforming maps. Comparing these beamforming spectra in Fig. 4 , one can see that the mean value of the beamforming spectrum is decreasing when increasing the averaging time. This is contrary to the auto spectra, where the mean is not changing much in this averaging procedure. It is also interesting that this decrease is not constant over the frequency range, but is lower at lower frequencies and higher at higher frequencies. Therefore, the quantitative comparison in Tab. 2 is split into two frequency ranges at2 kHz. In this table the mean of the difference of the successive spectra are depicted when the averaging interval is increased. The following trends can be observed in Fig. 4 . The differences below 2 kHz are systematically smaller than those above 2 kHz. The averaging interval can only be chosen by considering frequencies above 2 KHz. The beamforming spectrum is not changing significantly for an averaging time greater than 10 s. Considering that the computational cost of the ROSI algorithm is increasing with the interval of the data, T a = 10 s is utilized for the following calculations. This 10 s corresponds to 46 rotor revolutions at 277 rpm.
If the flow speed is changed, one can observe that the sound pressure level is changing by approximately the same level at every frequency. This is suggesting that the physical phenomenon generating all dominant spectral components is the same, and related either to the flow noise or to the acoustics radiation inside the wind tunnel. It is likely that at lower frequencies the effects of the hydrodynamic fluctuations of the flow dominate the array spectra, and due to the mentioned constant amplitude Beamforming spectrum scaling in the frequency band, the same physical phenomenon is dominant at higher frequencies. This is foreshadowing the difficulty of identifying sound sources based on the recorded microphone data. The effect is connected to the previous analysis of the cross-spectra, where the cross-spectra levels need a certain minimum averaging time to settle down. Fig. 5 shows the measured spectrums at different revolution speeds. The spectrum contains tonal noise components around 4 kHz and 8 kHz. These tonal components are not present when the wind tunnel is switched off. Their amplitude is changing slightly with flow velocity but their frequency is not. Considering the rotor blade passing and interaction frequencies mentioned in Sec. 3, no significant noise components are expected in this frequency range, however, an explanation for these higher frequency tonal noise sources could be vortex blade interaction noise if the three nose cone pillars generate von Kármán Vortex Street. The interaction frequency of these vortices with the rotor can be estimated by assuming a Strouhal-number of 02, an annular flow velocity of 13 m/sand rib diameter 005 m. The vortex shedding frequency is then~52 Hz, which gives an interaction frequency of~3000 Hz at 277 rpm. This shows the possibility for higher frequency aeroacoustic tonal noise generation by the machine. This tonal component, however would significantly scale with the flow velocity, which is not observed on the spectrum, and consequently the tonal components have a different origin. This is suggesting that they are not related to aeroacoustic noise sources, but possibly have an electrical nature, originating from the wind tunnel electric motor or controller unit. This argument shows the importance of measurements at various machine speeds, hence enabling the verification of the scaling laws, and also the identification of certain acoustic phenomena with a simple theoretical calculation.
Tab. 3. The effect of averaging time on the auto spectra
Auto spectra
As a consequence of the spectral analyses, we will focus only on broadband noise source identification in the following sections, where aeroacoustic sources are investigated. The frequency bandwidths of the beamforming maps will be one-third octave bands. The one-third octave band analysis is a standard for broadband acoustic analysis. It allows the identification of the sources at various positions, while keeping the number of source maps to a minimal.
The frequency range of 2.8-7 kHz is chosen for the following investigations, which is especially sensitive from the viewpoint of human audition. Another reason behind the lower limit is the poor resolution of the array (see Sec. 2.), while the higher limits because many individual source spots appear on the maps at frequencies higher than 7 kHz which is hard to evaluate and several of them are possibly sidelobes. The theoretical beamforming resolution of the Delay & Sum algorithms is approximately 2 m around 1 kHz, considering the used array configuration. The rotor diameter is 2 m, therefore the investigations should be restricted to frequencies higher than 1 kHz, in order to spatially separate sources in the duct. A lower frequency limit of approximately 3 kHz would impose a three times better resolution (according to Sec. 2) and theoretically allow sources to be separately identified across the rotor diameter and also on the surrounding geometry of the duct.
Effect of the diagonal removal
The Delay & Sum beamforming results can be seen in Fig. 6 with and without diagonal removal of the cross-spectral matrix. The source maps are corresponding to the one-third octave band center frequency of 3150 Hz. As it was mentioned in Sec. 2, the conventional Delay &Sum method is assuming stationary monopole sources, and therefore the source maps can be interpreted by considering that the moving sources are smeared on the maps. The contours of the rotor inner and outer diameters are overprinted on the pictures as well as the indication of the theoretical resolution of the method. Without the diagonal removal algorithm, the source maps show increasing source levels towards the edge of the source map, where the beamforming is made at off axis angles (i.e. closer to grazing angles). This phenomena disappears when diagonal removal is used, indicating that the effect is the result of the auto spectra of the microphone signals. The source of this noise could possibly be the hydrodynamic pressure field of the turbulent flow over the array, and the reverberated acoustic field of the duct could also have a major contribution. In order to decrease the effect of the high level of flow noise, a 30 mm thick foam cover was mounted on the array surface. The measurement results indicate that perhaps the hydrodynamic pressure fluctuations could still have a mayor contribution in the microphone signals. Effective reduction of this hydrodynamic noise contamination can be obtained by the application of a stretched Kevlar R cloth or a fine metallic net in front of the array as is demonstrated in reference [18] .
The dynamic range of the plots in Fig. 6 is small, approximately 1.5 -2dB, without diagonal removal. Such a small level of dynamic range indicates that coherent signals measured by the microphones cannot be reliably identified. It is explained in Sec. 2, that the removal of the diagonal might help to increase the dynamic range significantly. The diagonal removal method increases the dynamic range of the maps up to 5-8 dB.
The results with DR are plotted with 5 dB range in Fig. 6 . The significant decrease of the source levels of the map can be seen as compared to the conventional case with the diagonal in the cross-spectral matrix. This is expected and clearly supports the previous observation, that the diagonal auto spectral elements are dominating the cross-spectral matrix, and are hiding the sources that are better related to the off diagonal components of the cross-spectral matrix. Because of these considerations only the source maps with the DR method are analyzed in the following. The source maps without DR have a sufficient dynamic range that would allow for conclusions to be made regarding the sources.
The Delay &Sum results
With diagonal removal, the maps (Fig. 7 ) are free from the increasing level of sources towards the sides of the source map. The source maps do not reveal the acoustics effect of the rotor. The obtained source spots at the one third octave band center frequency of 3150 Hz and position y = 0 m and x = 1.5 Fig. 6 . DS beamforming maps without and with diagonal removal at one-third octave band center frequency of 3.15 kHz Fig. 7 . DS beamforming maps at one-third octave band center frequencies of 3.15 kHz and 6.3 kHz m can be associated with the bypass doors visible in Fig. 3 . These sources do not exist at the one-third octave band center frequency of 6300 Hz. The source spots near the rotor could not be directly associated with any physical obstacles that could explain this type of stationary noise generation, except the possibility of structure born noise from the wind tunnel walls. On the other hand at frequency of 6300 Hz the almost mirror symmetry of the sources respect the vertical mid-plane of the fan (x = −0.07 m on the maps) is consistent with the same mirror symmetry of the geometry. Nevertheless an asymmetry can be observed respect the horizontal mid-plane of the fan (y = 0.14 m). This probably due the non-symmetrical transition element between the suction duct and the fan (See Fig. 2) , which causing a thickened boundary layer of the bottom half of the duct. This implies that the sources can be of aerodynamic nature, if one considers the highly disturbed inlet flows impact onto the rotor-stator configuration. This flow disturbance can be caused by the open bypass doors and also by the high blockage caused by the microphone array in the test section of the wind tunnel.
The ROSI results
The rotating sources of the rotor cannot be identified by conventional beamforming with stationary source models. The ROSI algorithm can provide the details regarding the rotating sources, because it uses a rotating source model synchronized to the fan shaft. The center of rotation in the followings graphs is specified at x c = −0.07 m and y c = 0.14 m, according to the nose cone position on the scaled recorded picture.
The results of the ROSI algorithm can be seen in Fig. 8 at various frequencies. Because the acoustic sources on the nonrotating elements of the machine do not correspond to the rotating model, these areas in the pictures are shadowed, and only the rotating annular ring is considered in the analysis. The ROSI model is not expected to localize meaningful sources outside the rotating zone. One exception could be the spinning duct modes [19] , which can rotate together with the rotor and can generate apparent sources on the beamforming maps outside of the physical rotating zone. This effect is not observed on the presented figures.
The source maps show separated source spots in the annular region of the rotor. Multiple source spots can be observed along the perimeter. The existence of separate source spots instead of a continuous source region is possibly indicates the variation of source strength between the blades and the blade passages. The effect is more pronounced at 6300 Hz. The sources are located around the tips of the rotor blades. The higher source levels around the rotor outer diameter are in agreement with the physical expectation that the noise radiation increases with the flow velocity. Despite this correspondence, the blades cannot be directly identified on the source maps.
The ROSI method gives specialized information regarding the sources on the rotating part of a machine that is not available by conventional beamforming techniques. The conventional beamforming and ROSI methods are recommended to be used simultaneously, used, in order to obtain a global view of noise sources.
Conclusions
The acoustic performance of a complex rotating machine in its realistic environment can be obtained by the combination of several analysis methods. General purpose phased array microphone system in combination with dedicated processing algorithms, detailed spectral and simple flow analysis have been used to evaluate acoustic sources of an axial fan. The aim of this paper is such an analysis supported by conventional and rotating source beamforming techniques used in a short timeframe measurement campaign, in a confined industrial environment without any modification of the existing system. In compromise with that a portable phased array microphone system was installed inside the suction duct.
In order to establish a basis for treating such co-existent multiple noise sources, in-house Delay & Sum as well as ROSI codes have been developed and applied. In future improvement of the Departmental beamforming technique, these in-house built codes will be expected to enable a more flexible and versatile customization to the particular applications, in comparison to commercially available codes
The spectral analysis showed that the broadband noise dominates the acoustic field. The effect of the sampling time on the spectrum was investigated and it was found, that -according to the literature -the necessary minimum length of the averaged microphone data depends on the frequency and should be determined.
Beamforming maps for frequency ranges, which especially sensitive from the viewpoint of human audition, have been presented herein. It was found that, the microphone signals are dominated by the hydrodynamic fluctuations. Therefore the removal of the cross spectral matrix diagonal elements was essentially both the Delay & Sum and ROSI algorithms, to achieve a relevant dynamic range in the acoustic source maps.
The source localization showed that the source strengths has a similar level both on the Delay&Sum and ROSI, this suggest that rotating and stationary sources also exist on the machine. On the Delay&Sum beamforming maps cannot be observed the expected significant circular source pattern in the annular region of the rotor. Characteristic spots on the maps have the same strength, have been assigned to the following elements and effects: suction duct, the opened by pass door, the wake of the array, impacting on the inlet nose cone and the antisymmetry of the transitional element between the suction duct and the fan. The results draw the attention that in an industrial fan layout, the fan rotor is not necessarily the dominant noise source. Noise originating from other sources may compare or may even dominate over rotor noise.
The ROSI results shows, the rotor noise strength has higher level at higher radius in the higher frequency range of the investigation. This behavior meets the expectations: it is dedicated to the radialy increasing blade circumferential speed and blade load. Spanwise increasing blade load is due to the controlled vortex design of the rotor.
